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Menetelma tiedonsiirron tehostamisfeksl ja tiedonsiirtoprotokolla 

Nyt esilla oleva keksinto kohdistuii c^^^ 

danto-osan mukaiseen meriSt^li!^||i^^ 

tietoliikenneverkossa. Ke^iite!MSSp^«i^ 

muksen 11 johdanto-osan mukajslinVfi^^^ protokollaivali- 

neislin. Keksinto kohdistuu llsSksi oheiseh piatenittivaatimuksen 12iph- 

danto-osan mukaiseen tietoliikenneverkossa toinrtivaksi jarjestettyyn 

langattomaan viestimeen. 



GSM-verkon (Global System for Mobile Communications) 9.6 kbit/s - 
siirtonopeus on nykyistenkin mittapuiden mukaan hidas. joten kasvavan 
multimediatarjonnan maailmassa nykyisten matkapuhelinverkkojen 
siirtokapasiteetti alkaa kayda nlukaksl. Seuraavan sukupolven matka- 
15 puhelimelle ei enaa riitS pelkkS puheen vSlitys. vaan jarjestelman tulee 
kyeta valittamaan myos date- .^^ w Lli^TS (Universal 

Mobile Telecommunications System) on rila^^^ 
multlmedlajarjestelma, joka vtii^^.^r^g^ 
nopean datasiim>n ja, kgyt^l^i^gir^^ 
20 uudenlaisten palvelujen m«©aQ^^^j;=^^si^ 
on tarjota nykyisia matkaviestinverjckoia 

jempi peittoalue, laaja lisapalveluj'en mMra ja nykyisia jarjestelmia 
suurempi kapasiteetti seka siirtonopeudessa etta lllttymien maarassa. 

25 UMTS-verkko on joustava tiedonsilrlokanava, jota voidaan kayttaa 
puheen, multlmedian tai muun digitaaliseen muotoon saatetun infor- 
maation valittamiseen. Yksinkertaisimmlllaan UMTS on lahes kaikkialla 
maailmassa toimlva puhelln tai kannettava tietokone, josta on jatkuva 
nopea yhteys Intemet-verkkoon. UMTS:n datanopeus on niin suuri, etta 

30 se soveltuu mm. hyvalaatulsen videokuvan valittamiseen. 

UMTS-jarjestelma pbhjautuu perusverkkora1J(aisultaa.n GSM- 
jarjestelmaan. UMTS tulee toiiiiimaap n- 2 gigaheitsin teajuudella eli 
nykylsen citypuhelinverkw (n; 18i^_ M^^ yiapuojella. UMTS pystyy 
35 jopa 2 Mbit/s siirtonopeuteerij mi^^^ 

GSM:n datansiirtokykyyn. fsm^ nopeC^ nhtSa jo varsih hyvalaatuiseii 
videokuvan valittSmlsen seka mahdoillstaa eslm. grafiikan ja multime- 
dian slirron. Huippunopeus saavutetaan suuremmalla kaistanleveydel- 
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la. datan tilviilla pakkaamiseHa la VyCDW^ (Wideband v 

Code Division Multiple Access). Eroria tayaJliseen CDMA-tekniikkaan 
(CJode Division Multiple Access) on suurempi silrtokapaslteetti, parempi 
laatu. pienempi tehonkulutus ja noin kaksi kertaa suurempi taajuusalue. 
5 Jos kaytettava sovellus tarvitsee vahemman kapasiteettia, varataan sita 
vahemman, jolloin loput kapasiteetista jaa muiden kayttoon. 

UMTS:n etuna verrattuna toisen sukupolven matkapuhelimiin, kuten 
GSM-liittymiin, tulee olemaan 2 Mbit/s potentiaallnen siirtonopeus seka 
10 IP-tuki (Internet Protocol). Nama yhdessa tarjoayat mahdollisuuden 
tarjota multimediapah/eluja seka uusia laajakaistapalveluja, kuten 
videopuhelut ia vfdeoneuvottelut. 

GPRS (General Packet Radio Sen/Ipe) on GSM-v^rkon tekni^ 
1 5 perustuva pakettlkytkent§inen dat^pjalvalu, ioka soveltuu eritylseh hyvin 
IP-pakettien siirtpqn. LMiSridi^fc^ 

seen GSM-verkkoon. Verkkoon taryitaiw l^ksl uutta solmua, jolden 
avulla pakettien vaUtys hoidetaan. NaldenHieht§vana on huolehtia 
pakettien lahettamlsesta ja vastaanottamisesta GSM-puhelimesta seka 

20 pakettien konvertoinnista ja lahettamisesta muihin, esim. IP-pohjaisiin 
verkkoihin. GPRS:ssa on maaritelty neija erilaista kanavan koodausta- 
paa, joiden avulla siirrettavan datan maaraa voidaan saadella verkon 
kuuluvuuden mukaan. Yhden aikajakson siirtokyky vaihtelee 9.05 kbit/s 
ja 21.4 kbit/s vaiilla ja maksimisiirtonopeus on noin 164 kbit/s, kun 

25 kaikki kahdeksan aikajaksoa ovat yhta aikaa kaytossa. Lahetettavlen 
pakettien makslmlkoko on 2 kb. GPRS:n avulla verkon kapaisiteetti 
voidaan kayttaa paremmin hyodyksi, koska ykslttaiset aikajaksot 
voidaan jakaa useamman yhteyden kesken. 

30 UMTS:n protokollapinossa on rnygami^^ GPRSiMn 
verrattuna. Nama johtuu siita. ^sjiliii 

suuremmat vaatimukset paiv6luh jaaS^^^ Quality of Service) ja 

UMTS-.ssa kaytetaan uutta radiorajapintaa 0/VCPMA). Yksl tarkeimmis- 
ta muutoksista on se, etta LLC-kerros (Link Control Layer) on poistettu 
35 PDCP-kerroksen (Packet Data Convergence Protocol) alapuolelta. 
Tata kerrosta vastaa GPRS.ssa SNDCP-ken-os (Subnetwork Depen- 
dent Convergence Protocol). UMTS:ssa tata LLC-kerrosta ei tarvita. 
koska salaus hoidetaan RAN:ssa (Radio Access Network). Signalointi- 
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viestien valityksessa ei kayteta kayttajatason protokollia. Lisaksi 
palvelun laatuun iiittyva multipleksaus on MAC-kerroksen (Medium 
Access Control) ja L1-keroksen (Layer 1 = Physical Layer) vastuulla. 

UMTS-.n radiorajapinnan protokolla-arkkitehtuuria on havainnollistettu 
kuvassa 1 . Arkkitehtuuri on toteutettu verkossa toimivaan langattomaan 
viestlmeen, joka kasittaa tarvittavat protokollavalineet tiedonsiln-on 
mahdoinstamiseksi, kuten matkapuhelimeen. Jokainen lohko kuvasssa 
vastaa kunkin protokollan ilmentymaa. SAP:t (Ser/lce Access Point) 20 
pisteesta-pisteeseen -yhteykslssa on merkitty kuyaan eri alik^rrosten 
v&lilla olevina solkioina. UMTS^ fss^c^ 
protokollakerrokseen LI '^L2i^QTi~ii^j^^ 
Data Link Layer) ja L3 (l^eir 3 ^^Netwdrtc-l^ 
alikerroksiin MAC (Media Access Gontrol):l i., RLC (Radio Unk Control) 
12, PDCP (Packet Data Convergence Protocol) 14 ja BMC 
(Broadcast/Multicast Control) 13. Kerros L3 on jaettu kontrolli- 17 
(Control) ja kayttajatasoihin 16 (User). Alikerrokset PDCP 14 ja BMC 13 
esiintyvat ainoastaan kayttajatasolla 16. Myos L3 on jaettu alikerroksiin, 
jolsta alin on RRC (Radio Resource Control) 15 ja taman jalkeen 
tulevat muut L3:n aliken-okset. mm. CC (Call Control) ja MM (Mobile 
Management), joita ei ole esitetty kuvassa 1 . 

RLC-protokollan tehtavana on holtaa RLC-yhteyden muodostaminen. 
yllapito ja purkaminen. Koska yiemmalta ppCP-alikerrokselta 14 voi 
tulla pidempia RLC SDU-.ita (Service Data Unit) 6 (kuva 3b) kuin yhteen 
RLC PDU:hun (Protocol Data Unit) la tai lb (kuya 3a) mahtuu, RiC 
SDU:t 6 eli PDCP PDU:t Jaetta^aua sopiyau^^ 
(Payload Unit), ts. segmentefksl^ Joii^ 

PDU:hun 1 a tai 1 b. On myos mahdbliista, etla yhteen RLC PDUrhun 1 a 
tai lb mahtuu useampi PU, jos otsikon pakkaus on kaytossa. Vastaa- 
vasti vastaanotossa tai yhteyden toisessa paassa namS yhdistetaan 
jalleen yhdeksi RLC SDUiksi 6. Otsikon pakkauksen avulla yhteen 
RLC PDU-.hun la. 1 b voidaan mahduttaa useampia PU:ita. Ketjuttami- 
sella voidaan yhdistaa eri RLC SDU:t 6 siten, etta jos ensimmaisen 
RLC SDU:n 6 viimeinen PU ei tayta koko RLC PDU:a la tai lb. niln 
seuraavan RLC SDU:n 6 enslmmainen PU voi tayttaa lopun tilan tasta 
RLC PDU:sta 1a tai lb. Jos ketjuttamista ei kayteta ja viimeinen PU ei 
tayta koko RLC PDU.a la, lb, voidaan loppu tayttaa taytebitellia. PDU 
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ja SDU kasittavat sovitun ma&ran ja sovitussa muodossa informaatiota. 
joka on koodattu bittimuotoon. 

Kayttajan data voidaan siirtaa pisteeista pisteeseen kayttaen kulttauk- 

5 sia. ilman kuittauksia tai lapinakyyasti. joltoin RLC SPU:t siirretaan 
lisaamatta RLC-protokollan tietoja. Tiedorisiirtoa voidaan kontrplloida 
kayttamalla palvelun laaluaseljj^ia- Jos tied^^^ tapahtuu > ;;^ 

virhelta, kun kSytetsan kuittauksia^ vp^^ koiiata uudell©^nla^ V J v^v.J:^^ 

hettamalla RLC PDU. RLC SDUlt vbiddan tolmittaa luotettavasti^^^^^^^^^^^^ :7 : 

1 0 oikeassa jarjestyksessa vastaanottajalie, kun Mytetaan kuittauksia ja 
jaiiestysnumeroita. Jos tata toimintbai ei kayteta, voivat RLC SDU:t 
saapua vastaanottajalle vSarassa jafjestyksessa. On mahdolllsta, etta 
vastaanottajalie saapuu sama RLC PDU kahdesti. jolloin yiemmalle 
PDCP-alikerrokselle valltetaan tamS RLC PDU vain ken-an. Vastaanot- 

15 taja voi myos saataa latiettajan lahetystahtia, jos se ei ole sopiva. RLC 
PDU:n oikeellisuus tarkastetaan siiiien liittyvan tarkistussumman 
perusteella RLC PDU:a vastaanotettaessa. Jos jokin RLC PDU on 
vioitlunut, nlin koko siihen liittyva RLC SDU uudelleenlahetetaan, jos 
uudelleeniaiietys on kSytessa ja uudelleenlalietysten lukumaaran 

20 asetettua maksimia ei ole saayutettu. Muussa tapaul^es^a tamS RLC 
SDU hylataan. Koska myos protokollan tbiminnassa voi olla virh^ 
naita virheita pyritaan loytamaan jakpijaia^ 

RLC-protokolla taqoaa ytemmaile pbcP-alikerroks palveluja, joita = ' 
25 ovat: 

• RLC-yhteyden muodostaminen ja purkaminen (RLC connection 
establishment/release), jonka avulla voidaan muodostaa ja purkaa 
RLC-ytiteyksia, 

30 • lapinakyva tiedonsiirto (Transparent data transfer), jonka avulla 
voidaan siirtaa RLC SDUiita lisaamatta niihin RLC-protokollan tietoja 
mutta kultenkin siten. etta RLC SDU:n segmentolnti ja kokoaminen 
uudeiieen on maiidolllsta, 

• tiedonsiirto ilman kuittauksia (Unacknowledged data transfer), jonka 
35 avulla voidaan siirtaa tietoa vastaanottajalie takaamatta sen perille- 

menoa siten. etta yiemmalle PDCP-aliken-okselle toimitetaan kaikki 
saapuneet virheettomat RLC SDU:t vaUtt6mastl vain kerran. 
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• tiedonslirto kSyttaen kuittauksia (Acknowledged data transfer), jonka 
avulla voidaan sllrtaa tietoa vastaanottajalle taatusti uudelleenlahe- 
tysten avulla siten, etta yiemmalle PDCP-alikerrokselle toimitetaan 
kaikki saapuneet virtieettomat RLC SDU:t valittomasti vain kerran 

5 oikeassa jarjestyksessa tai saapumisjarjestyksessa, 

. palvelunlaadun asetukset (QoS settings), jonka avulla voidaan 
maaritella palvelunlaadun taso, jonka avulla pystytaan tarjoamaan 
taattu tiedonslirto vastaanottajalle siten. etta uudelleenlahetysten 
avulla PDCP-allkerrokselle pystytaan valittamaan kaikki RLC SOU :t 

10 lahetysjarjestyksessa virheettomasti yaun k 

tyksessa vlrheettomastlvaln^festt!^ " , '-r-..:.'-"-- ^/'f-"?-®' 
• tiedotus virheista, Joita el py§ty*a^1^^^ of unreco^ - : $ / 

verable errors), jonka Wulte wldiian-^ PDGP-ajlkerroksert^ ; p 

slita, ettei RLC SDU.ta pystyta vallttanriaan, koska RLC-a^^^^ 

15 ole pystynyt korjaamaan virheellisia RLC PDUrlta annettujen uuslnta- 
lahetysten ja asetetun viiveen puitteissa. 

PDCP-protokollan paatdhtava on pakata yiempien protokollakerroksiln 
Hittyva kontrollitleto. PDCP-protokollan tehtavana on lisaksi sijoittaa 
20 yiemman kerroksen protokollan PDU RLC-alikerroksen ymmartamaksl 
kokonaisuudeksi ell RLC SDU:ksi, pakata lahetettava ja purkaa vas- 
taanotettava verkon RLC PDUin redundanttlnen kontrollitieto. 

YIeisesti vuonvalvontaan ja virhetiianteista tolpurniseen kaytetaan 
25 liukuvia ikkunoita. Tassa fnekanisrnissa kqkio lahettaja k^ ns. 

lahetysikkunaa (Transniit WlndQi*^, Jprika koko on enn^ta rnaaratty,, :.| 
Samoin kukin vastanottaja l«^irtt|a-.i^^ (Receive ^ v 

Window), jonka koko on enfialtk^ma^Sy.^ <^ vastaanotetut datar . ; 
lohkot kuitataan lahettajalle. mika "siiitiii'' IKkunaa eteenpain ja mah- 
30 dollistaa uuslen datalohkojen lahettamlsen. Taman lisaksi vastaanottaja 
vol lahettaa pyyntoja virtieellisten datalohkojen uudelleenlahettamisek- 
si, joiden kuittauksen jalkeen ikkuna myos "siirtyy". Eralssa tilantelssa 
ikkuna "pysahtyy" (stalling), jolloin uusien datalohkojen lahettaminen 
keskeytyy. 



35 



Kuvaan 2 viitaten em. lahetyslkkuna kayttaytyy seuraavasti. Jokainen 
ikkunan vasemmalla puolella oleva paketti on lahetty ja kuittaus niista 
on saapunuL Ikkunan sisaila aarlvasernmalla on enslmmalnen lahetetty 
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kuittaamaton paketti. Ikkunan ulkorta dlKeaiUa bvat sellaiset paketit joita 
ei ole viela lahetetty. Lisaksi ikkunan sisaiia on osoitin joka kertoo 
lahetettyjen ja lahettamattdmien pakettien rajan. Tama yieensa liukuu 
hyvin nopeasti aarioikealle. 

5 

Yksi RLC-alikerroksen tarkeimmista tavoitteista on luoda luotettava 
tiedonsiirtoyhteys, koska yieisesti ottaen ei alia olevan kerroksen 
palveluihin voi luottaa. eli viesteja vol kadota tai ne voivat korruptoitua. 
Vaarin vastaanotettujen RLC PDUritten uudelleenlahetyksesta huolehtii 
10 tiedonsiirtoprotokollan RLC-kerros. Uudelteeniahetyksen mekanismi 
perustuu edella malnlttulWn Idhetys- [a vasto 

ikkunan koko on aina kdmpromissl kaytetyn tiedonslirtoprotpkollan ja 
kaytettavlssa olevan muistitilan vaEitirniiksien kesken. LHan pieni 
lahetysikkuna alheuttaa Ikkunan pys|ihivrniseri ja tiedonsriTO keskey- 
15 tymlsen usein, mika vahertaa hupiriattay^ datan maaraa/ . 

Uudelleenlahetyksen mekanismi peru^hja. ,UMTS:n tapauksessa 
automaattlseen toistopyyntoon (ARQ, Automatic Repeat Request), joka 
toimll perlaatteelHsesti seuraavasti. Jos vastaanottoikkunan koko on 

20 yksi, vastaanottaja ei hyvaksy saapuvia RLC PDUiita elleivat ne tufe 
jarjestyksessa. Jos siis yksi RLC PDU katoaa matkalla, niin vastaanot- 
taja hylkaa kaikki myohemmin lahetetyt RLC PDU:t, jotka on lahetetty 
ennen kuin lahetysikkuna on tayttynyt. Vastaanottajalle tama menetel- 
ma on yksinkertainen, koska puskuritilaa ei tarvita. Lahettaja tietaa 

25 myos, etta mikali kuittausta ikkunan alarajalla olevalle RLC PDU:ille ei 
tule, niin kaikki sen jalkeen lahetetyt RLC PDU:t op l^hetettava uudes- 
taan. Main lahettajalle riittaa vain yksi ajastin, joka kaynnistetaan aina 
kun ikkunan alaraja siirtyy. Kun ajastin laukeaa, koko ikkunaHinen RLC 
PDUiita lahetetaan uudestaan, 

30 :.,;,;,^:f..:':.ryv:..;^^ ' . . . . ■ 

Jos taas vastaanottoikkunan koko on suurempi kuIn yksi, yhden kehyk- 
sen katoaminen ei valttamatta edellyta seuraavien kehysten uudelleen- 
lahetysta. Mikali ne ovat saapuneet virheettomlna vastaanottajalle, niin 
vastaanottaja on puskuroinut niista ne, jotka ovat mahtuneet vastaanot- 
35 toikkunaan. Kadonnut tai virheellisena saapunut kehys jaa vastaanot- 
toikkunan alarajalle, eika vastaanottolkkuna enaa silrry ennen kuin 
puuttuva kehys on vastaanotettu. 
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Kuvassa 2 on havainnollistettu edWlt kuvattua 

nismia esimerkilla. jossa lahetys- ja vastaanottoikkunan koko on 4. 
Esimerkki kaydaan lapi aikajSirjestyksessa ensin lahettajan kohdalta ja 
sitten vastaanottajan kohdalta. Esimerkiss& lahetettavat RLC PDU:t 1a 
5 ja 1b on esitetty merkinnalla DATA (x), jossa x on RLC PDU:n jarjes- 
tysnumero. Vastaavasti kuittaukset on. esitetty merkinnalla ACK (x), 
jossa X on kultattavan RLC PDU:n jarjestysnumero. 

Lahettaja lahettaa DATA (0):n, jolloin lahetysikkuna on [0.1,2,31. 

10 Seuraavaksl lahettaja lahettaa vastaavasti DATA (1):n. Nyt lahettaja 
saa kuittauksen ACK(0), jotei^ lahetysikkuna on nyt [1 ,2.3,4]. Lahettaja 
lahettaa DATA (2):n. Nyt lahettSja saa kuittsiuteen ACK(1)^^^ 
lahetysikkuna on nyt [2,3,4,5]: Llkhettaja ei tieda, etta DATA^^ (^^ ei 
paase koskaan perille. Joten se j^tkagi lah^ttl^ <3)-ila ja 

1 5 DATA (4):lla. Lahetysikkiina op ed^fc^jiJ^S^f^ DATA (2) el / ; iv: 

ole tullut perille. Nyt DATVV (2)tn^^^?|^^ 

taan lahetysikkunan alusta eli lahettam^ DATA (2). Taman jalkeen 
odotetaan nlin kauan, etta saadaan kuittaus tai seuraava ajastin 
laukeaa, Lahettajan ei tassa tilanteessa kannata lahettaa seuraavia 

20 paketteja uudestaan. Jarkevaa yieensa onkin odotlaa, tulisiko seuraa- 
vassa kuittauksessa ilmoitus slita. etta koko ikkunallinen tai ainakin osa 
siita on otettu vastaan virheettomana. Tassa tapauksessa kuittaus ACK 
(4) ehtii tulla ennen kuin DATA (3):n ajastin laukeaa, joten lahetysikku- 
na on [5,6,7,8]. Nyt lahettaja voi lahettaa DATA (5):n. Tasta jatketaan 

25 edella kuvatulla lailla. 

Vastaanottajan saadessa DATA (0):n, jollpin yaetaanqttoikktina on 
[1 .2,3,4]. Seuraavaksi vastaanottaja lahettaa kuittauksen ACK (0). Nyt 
vastaanottaja saa DATA (1 ):n, jpten; yj^sts»ripttoikkurja on; [2,3,4.5]. ■ 

30 Kuittaus ACK (1) lahptetaan ilalMil^^ 

saakin odottamansa DATA (2).7>:?!^n pAlCA^^^^^^ joten vastaanot- 
toikkunaa ei siirreta ja DATA (3) puskurpid^n. Edelleenkin vastaanot- 
taja odottaa DATA {2):ta, mutta saakin DATA (4):n,joten vastaanottoik- 
kunaa ei siirreta ja DATA (4) puskuroidaan. Seuraavaksi vastaanottaja 

35 saa odottamansa DATA (2) ja puskurissa on DATA (3) ja DATA (4), 
joten vastaanottoikkuna on nyt [5,6,7,8]. Koska nyt ollaan saatu paketit 
DATA (4):aan asti, voidaan lahettajaile lahettaa kuittaus ACK (4). 
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Seuraavaksi vastaanottaja saa DATA (5):n, joten vaslaanottbikkuna on 
nyt [6,7,8,9]. Tasta jatketaan edeim 



kuyatulla lailla. 



Jokaiseen RLC PDU:hurt; liittyy- 

tarkistaa. etta RLC PDU on viS|e^bn^- T^^^ 

tarkistussumma lisatSan ja tarkastetaan Ll^kerroksessa. mutta loogi- 
sen toiminnan kannalta tama nayttaa RLC-protokollan ominaisuudelta. 
Siita tosin seuraa, etta tarkistussumman suojaama datalohko sis^ltaa 
myos RLC:n otsikkotiedot ja liksksi mahdpHiset MAC-protokollan 
otslkkotiedot. Normaalisti kSytett^essa kulttauksia virheelliset RLC 
PDU:t lahetetaan uudestaan nliri monta kertaa kunnes ne tulevat 
virheettomasti penile tai uudelleenlahetyskertojen asetettu maksimi- 
maara on tullut tayteen. Kun kaikki RLC SDU:hun kuuluvat RLC PDU :t 
on valitetty vastaanottajalle olkein] voidaan RLC SDU koota ja valittaa 
ylemmalle PDCP -allkerrokselle. Jos kuittauksia ei kayteta, kalkkien 
RLC SDU:hijn kuuluvien RLC RDUiiden ylrtteiBtt^sys ;tarkastetaan. 
Jos jokin RLC PDU on virheellinenl kpko RLC SDU^^^^^^ 



20 



25 



Langattoman ymparistOn takia iUfiji|;i^ jon rajpitettu kaistanteN^? 
seka suurempi viitietodennakO^yys ja pitemm^t yiiveet kltnteaan 
verkkoon verrattuna. Reaaliaikal^t soveliukset vaativat puoiestaan 
mahdollisimman pienia viiveita. Kun paketit. joissa on yksikin virhe, 
hylataan ja uudelleenlahetetaan, on todennakoista, etta tulee tilantelta, 
joissa pakettia ei ehdita toimittaa dikein ennen kuin se on jo myShaista. 

Taman kekslnnon eraana tarkoitulpena on saada aikaan reaaliaikaisille 
sovelluksille sopiva pienivllvelneji tiedonsiirtoyhteys kahden pisteen 
vaiille, jossa sallitaan myos hieman korruptoituneen tiedon valittaminen 
sovellukselle. LIsaksi kekslnnon t^rkoituksena on parantaa reaaliaikai- 
30 sen tiedonsiirron laatua. 

Nama tarkoltukset voidaan keksinnon mukaisesti saavuttata siten, etta 
kaikkia virheellisia RLC SDUrita el hyiata aotomaattisestj. RLC PDUit 
valltetasn aina RLQ SPM^na^P^^iaji^ 
35 PDU:issa on havaittu yirtieiia, PC^?|'-^^ tolnittetaan. tootun 

RLC SDU:n lisaksi tieto siita, ml ssS kbti^ RLC SDU.ta virheellinen 
kohta on. Taman tiedon perusteella PDCP-alikerros voi tarvlttaessa 
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myos hylata RLC SDU.n, jos virhe sijaitsee esimerkiksi yiempien 
protokollakerrosten kontroHitiedon kohdalla. 

Tasmailisemmin sanottuna keksinnon mukaiselle menetelmalle on 
5 tunnusomaista se. mika on esite% patey^ttiyaatimuksen 1 tunnusmerkr 
kiosassa. Kekslnn6n muMsill© pTDtokonavalineil 
se, mika on esitetty patentfivafatlmulcs^n li 
Keksinnon mukaiselle laogattomalle yi^semj^l^^^^o^^ ?e, , 

mika on esitetty patenttivaipliiTn4i^e|^ ^ 

Nyt esilia olevalia kekslnMf ^^WSi^ 

tekniikan mukaisllii ratkaiisijlhin veitatfijifia. KUn RLC^^ voi 
hyvaksya virheellista hyotykuomiaa sisaltavat RLC PDU:t ja koota nilsta 
RLC SDU, nlin hylattyjen RLC PDU:itten maara vahenee huomattavas- 

15 ti. Talloin todennakolsyys sille, etta ylemmalle allkerrokselle ei ehdita 
toimittaa ajoissa jotain RLC SDU:a pienenee huomattavasti. Lisaksl 
hydtykuormaa voldaan siirtaa pnnistuneesti ja reaaliaikaisesti myos 
huonojen yhteyksien valityksella. Tassa on syyta iiuomata, etta reaaii- 
aikaisten palveluiden yhteydess^ kaytetaSn yleensa tiedonsiirtoa iiman 

20 kuittauksla. Talloin RLC SDU:t tuleyat helposti hylatyksi, koska RLC 
PDU:t voivat kormptottuahelpostiia rtfit^ el e?te«? uudelleenlahet- 
taa. Talloin nyt esilla oleva kieksint© antaa mahdollisuuden blla hylkaa- 
matta SDUita ja sen sijaan yrittaa hypdyntas yirhepllistalcin hyotykuor- 
madataa. ■■ ■■ ■ i-w^vs^' -^r^;:^--; -k -- ^ ■ .- ' ■ 



25 



30 



Seuraavassa kuvataan keksiotda laiienunini viittaamalla oheisiln 
piirustuksiin, joissa 

kuva 1 esittaa UMTS:n protokollapinoa alimplen kerrosten osalta, 

kuva2 esittaa esimerkkia automaattista toistopyyntoa kayttavasta 
uudelleenlahetysmenetelmasta, 



kuva 3a esittaa tilannetta, jossa yksi RLC SDU on jaettu kaiiteen 
35 segmenttlin, ja toisessa segmentissa on virheellinen kbhta. 



kuva 3b 



esittaa kuvan 3a RLC SDU:ta. joka on vaiitetty PDCP- 
alikerrokselle, ja keksinnon eraan ^ edullisen suoritusmuodon 
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mukaista tapaa esittaa virtieellinen kohta talla PDCP- 
alikerroksella, ja 
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kuva 3c esittaa kuvan 3a RLC SPUna. j0ka on valittetty PpqP- ^ ^ . 

alikerrokselle. ja tolsl^i^te8l«5irTR0o? 0^ M^^^^^ 
muodon mukaista tetpa^:; ^ttSS^^ virheellinen kohta t§IIa -i^ J 
P DC P-alikerrbksella. 

Reaaliaikainen tiedonsiirto asettaa viiveelle erittain suuria vaatlmuksia, 
joten ei ole aina mahdolllsta uudelleeniahettaa kaikkia virtieellisia 
paketteja (RLC PDU) sallitun viiveen puitteissa siten, etta saatalsiin 
koottua taysin virheeton RLC SDU. Taman takia monissa tapaukslssa 
on hyOdyllisempaa, etta reaaliaikaisessa tiedonsiin-ossa virheelllsetkin 
RLC SDU:t valitetaan yiemmaile alikerrokselle virhetiedon kanssa. 
Tunnetun tekniikan mukafsesti PDCP-alikerroksella ei ole kuitenkaan 
mitaan keinoja selvittaa missa t^ma virhe sljaitsee. Eli on mahdollista, 
etta virhe on PDCP:n tai ^empien protokollakerrosten, kuten TCP/IP:n 
otslkkotledon kohdalla, joka vol llsaksi olla pakattlina. TSma btslkossa 
oleva virhe vol aiheuttaua yIemrrHlla alikeirokisltt^^^^^^ 
Taman takia on erittain tir|«|adg,f^^:^pi3^ 

tomia. Useimmat reaaliai(»5oy^^^|^^a varsin hyvin aina 
tilanteessa, etta hyotykuorma on hieman virheelllsta verrattuna sllhen, 
etta kokonainen paketti puuttuu v§lista. Taman takia on erittain hyodyl- 
iista tietaa missa kohtaa vastaanotettua RLC SDU:a mahdoiliset virheet 
sijaitsevat. 

Eslmerkiksi kun halutaan siirtaa videokuvaa reaaliaikaisesti tiedonsiir- 
toyhteyden yll, hieman virheellinen hyotykuorma ei juurikaan vaikuta 
esitettavan videokuvan laatuun. On oletettavaa, ettel katsoja edes pysty 
havaitsemaan virhetta videokuvasta. Jos taas sovellukselle ei pystyta 
toimittamaan jotain pakettia, koska sita ei oila ehditty saada virheetto- 
masti valitettya tarpeeksi aikaisin, voi olla etta videokuvaan tulee 
suuriakin vaaristymia tai katkos sen esittamisessa. tarna voj hairita 
kayttajaa huomattavasti enemman kuin melkein rialcymatlomat rpuutok- 
set videokuvassa. Yhtaiailla a|tfi|a .e?>^ 
juurikaan kuulu, mutta jonktia kie^^ vol aiheuttaa ; 

katkoksen aanen esityksessa tai sanl vaaristyy huomattavasti enem- 
man kuin siina tilanteessa, etta hyotykubrmassa on jokin yksittainen 
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virhe. Lisaksi monet reaaliaikasovellukset pystyvat korjaamaan virheita 
jossakin maarin siten, etta Nnrhe on kayttsyaijQ jopa huomaaiTiaton. 
Luonnollisestikin jos tiedonsilrtoyKteys orj ertttain huoho, virheellisia 
RLC SDUilta joudutaan hiyikaamS^^.^^^^ myos ■ . 

esitettava kuva tai §ani oh huonolaaiuiseinperai'kuin silloin, kun kaytSs- 
sa on hyva tiedonsiirtoyhteys. 

Kuvlin 3a-3c samalla virtaten. datan oikeellisuus tarkastetaan RLC 
PDU -kohtalsesti, joten virheellinen alue 5a voidaan havaita yhden 
segmentin 9a, 9b (RLC PDU 1a, 1b ilman RLC-otslkkoa 2) tarkkuudel- 
la. Voidaan myds kayttaa jotain menetelmaa. jonka avulla virheellinen 
alue 5a pystytaan havaltsemaan tarkasti, eli pystytaan paatteiemaan 
mista kohdasta virhe alkaa 7a ja rnihin kohtaan se loppuu 7b. Virhe voi 
olla myos puuttuva RLC PDU, jolloin koottavassa RLC SDU:ssa 6 koko 
puuttuvan RLC PDU:n sisaJtaman segmentin kohta on virheellista 
aluetta 5a. Jos jonkin RLC PDU:n RLQ-qt^kosM on^^^ 
PDU joudutaan hylkaamaan. Tallin RLC Spy:ssa tama 
oleva segmentti joudutaan ii^^^^^ipig^^ 
tata RLC PDUita elpystyta uud^^iah<^^ 

Ensimmaista tapausta on esitetty kuvissa 3a ja 3b. Kun tassa tapauk- 
sessa kalkkia virtieellisia RLC PDU:ita la. lb ei olla ehditty lahettaa 
uudelleen siten, etta kaikki RLC SDU.hun 6 kuuluvat RLC PDU:t la. 1b 
olisi saatu vastaanotettua taysin virheettomina, joudutaan yiemmaile 
PDCP-allkerrokselle 14 valittamaan ainakin yhden virheellisen kohdan 
5a sisaltava RLC SDU 6. Taman lisaksi yiemmaile PDCP-alikerrokselle 
valitetaan tieto virheesta tai virheista 5a. Tahan on kaksl eri vaihtoeh- 
toa. Ensimmainen vaihtoehto on se, etta yiemmaile alikerrokselle 
valitetaan sen segmentin 9a, 9b numero. jossa tama virhe 5a on. Tassa 
tapauksessa PDCP-aliken'oksen on tiedetlava segmentin 9a, 9b tarkka 
koko. Vaihtoehtoisesti RLC-alikerros voi valittaa PDCP-alikerrokselle 
virheellisen segmentin alkukohdan 8a ja loppukohdan 8b. PDCP- 
alikerros tietaa vailtetyn vlrhetiedQn.: periisteella, etta virhe on jonkun 
tietyn segmentin sisalla, ,;©|i kotovSjef rii^tin sUkukohdan 8a ja loppu- 
kohdan 8b valinen alue 5b natcyv iPpSf=*-eUiker^^ virheellisena. 
Tasta seuraa se, etta jos virhe 5a esllntyy-PPCP-otsikon 3 ja/lai yiem- 
pien protokollakemosten kontrolli-informaatiota 4 sisaitavassa segmen- 
tissa 9a, 9b, koko RLC SDU 6 on hyiattava. 
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Tolnen tapaus on esitetty kuvissa 3a ja 3c. Tassa tapauksessa ylem- 
malle alikerrokselle voidaan valiMa tarkasti missa kohtaa RLC SDU:a 
virhe 5a esiintyy. Nyt PDCP-alikerrokselle valitetaan nilden blttien 
5 paikka RLC SDUrssa. iosta virhe 5a alkaa 7a ja mihin kohtaan virhe 5a 
loppuu 7b. Tassa tapauksessa PDCP-alikerros tietaa valitetyn vlrhetie- 
don perusteella tarkasti , missa kohdassa 5b virhe iesiintyy , eii virheen 
5a sijainti ja PDCP-allken-oksen hakema virheen slja^^^^^ 5b ovat 
samoja. Talloln PDCP-alikerroksen Gi^r\m^ m 
1 0 RLC-alikerroksen segroef3tpi«tf54^f|^^^ yoltalsijo :.C<. 

toteuttaa, on RLG^likerrol^iiSf^^feil^^^ tehokk€asti:i.;? i^-f 

tarkistussumma, jonka perusteella voidaian l6ytaa tarkasti virheelliset 
alueet 5a. On luonnollisestlkin mahdollista, etta RLC-aliken-os pystyy 
havaitsemaan virheet 5a ennaita maaritettyjen aluelden tarkkuudella, 
15 joiden pituus voi olla eslrn. 1/8 RLC SDU:n pituudesta. Nyt on mahdol- 
lista se, etta virhe 5a on PDCP-otsikon 3 ja/tai yiempien protokollaker- 
rosten kontrolli-infonnaatiota 4 slsSltavassa segmentlssa 9a. 9b, mutta 
RLC SDUita 6 ei tarvltse valttamatta hylata, kunhan virheelliseksi 
merkltty alue 5b ei ole PDCP-otsikon 4 kohdalla. 

20 

Kuvaan 1 viitaten RLC-allkerrokselta 12 vastaarrotettu ja koottu RLC 
SDU 6 (kuva 3a-3c) vSlitetaan RLC-PDCP -rajaplnnan yii PDCP- 
alikerrokselle 14 primitilvilla RLC-AM-DATA-Ind, RLC-UM-DATA-Ind tai 
RLC-TR-DATA-lnd. Tata samaa primitiivia ypidaan kayttaa myos yirhe- 

25 tiedon valittamiseen RLC-r^aikfiinrp^ 

Seuraavassa taulukossa on 5iSite|^ 12 ja PDCP^ ;> : 

alikerroksen 14 vaiiset primmivit. PDCF>Taiikerrokselle 14 vailtettava 
virhetieto vol olla taulukossa mainittu ESI (Error Segment Indication). 
ESI voi olla esimerkiksi virheen sisaltavSn segmentin 9a, 9b jarjestys- 

30 numero tai niiden bittien lukumaara RLC SDU:n 6 aiusta, josta virtieelll' 
nen alue 5b alkaa, ja taman alueen pituus bitteina. 

Seuraavassa on myos selitetty eri primitiivien tolmintaa: 

35 • RLC-AM-DATA-Req: talla primitiivilla PDCP-alikerros 14 pyytSa RLC- 
alikerrokselta 12 tiedonsiirtoa. jossa kaytetaan kulttauksia, 
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• RLC-AM-DATA-lnd: talla primrtiivilld RLC-alikerros 12 toimlttaa virhetietoja 
(ESI) ja PDCP-alikerroksen 14 RLC SDUtita 6, jotka ovat siirretty kaytta- 
malla kuittauksia, 

• RLC-AM-DATA-Conf Italia primitiivilla RLC-alikerros 12 vahvistaa PDCP- 
aiikerrokselle 14 RLC SDU:n 6 siirron, 

• RLC-UM-DATA-Req: talla primitiivilla PDCP-alikerros 14 pyytaa RLC- 
alikerrokselta 12 tiedonsiirtoa, jossa ei kayteta kuittauksia. 

• RLC-UM-DATA-Ind: talla primitiivilla RLC-alikerros 1 2 toimlttaa virhetietoja 
(ESI) ja PDCP-alikerroksen 14 RLC SDUfita 6. jotka on siirretty ilman 
kuittauksia, 

• RLC-TR-DATA-Req: talla primitiivilla PDGP-allkerros t4 pyytSia RLO - 
alikerrokselta 12 lapinaJ<yvaa tiedor^silrtoa. ja v 

• RLC-TR-DATA-Ind: talla primWiyUI^CBLC^iki^if^^^^ virtieVietoja / : 
(ESI) ja PDCP-allkerroksen 14 RC0fSpU;ita:;6; j^^^ siinretly kayttaen 
lapinakyvaa tiedonsiiitba. 



YIeinen nimi 


Parametri 


Req. 


Ind. 


Resp. 


Conf. 


RLC-AM-DATA 


Data. CRN. 
MUl 


Data, ESI 


El maaritelty 


MUl 


RLC-UM-DATA 


Data. 


Data. ESI 


Ei maaritelty 


Ei maaritelty 


RLC-TR-DATA 


Data 


Data, ESI 


El maaritelty 


Ei maaritelty 



Koska PDCP-alikerroksella 14 on RLC-allkerroksen 12 tarjoama 
virhetleto. voi PDCP-alikerros 14 paattaa mita virheellisille PDCP 

20 SDU:ille 6 tehdaSn. Paatos tehdSan sen perusteelld, missa kohtaa 
SDU:a virhe esiintyy. Esimerkiksi. Jos virhe esllntyy PDCP SDUtn 
alkuosassa, is. ylerriplen proMiGilJaikei^ • 4 

kohdalla, on todennSkOista etieisix3tst^<)a;p^^ joten ei 

ole kannattavaa vSlittaa PDCP SDU:a ylemrriiatte kerrokselle. Talloin on 

25 edullista hylata tama PDCP SDU. Esimerkiksi, Jos virhe esiintyy hydty- 
kuormassa, voidaan PDCP SDU valittaa ylemmSlle kenrokselle. 

Nyt esilia olevaa keksintoa ei ole rajoitettu ainoastaan edella esitettyihin 
suoritusmuotolhin, vaan sita voidaan muunnella oheisten patenttivaati- 
30 musten puitteissa. 
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Patenttivaatimukset: 

1. Menetelma tiedonsiinxan tehostemniseksi tietolHkenn 
5 kasittaa kerrosrakenteiset protokotlavallneet tiedonsiirtoa varten, 

jotka protokollavalineet kasTttav&t alnakin yleninia^ -^./x 
alemman kerroksen. jplloln jaJarnrr^ yW-M^ 
ainakin koota ylemmaBe keiiM^eii dalayksikko (6) ; ; • 

yhdesta tai useammasta vastiaaftbietiiis^a datayksikoissa (1a. lb) 
10 olevista segmenteista (9a. 9b), jossa mepetelmassa havaitaan 
vastaanotetuissa segmentelssa (1a, 1b) esHntyva yksi tai useampi 
virhe (5a), tunnettu siita, etta mainittu, yiemmalle kerrokselle vali- 
tettava datayksikko (6) kootaan yhdesta tai useammasta segmentis- 
ta (9a. 9b), joka kasittaa yhden tai useamman virheen (5a), jolloin 
15 yiemmalle kerrokselle (14) valitetaan myos tietoja yhden tai use- 

amman virheen (5a) sijainnista. 

2. Patenttjvaatimuksen 1 mukainen menetelma, jossa havaitaan myos 
koko vastaanotettavan datayksfkon (la, lb) puMttuminen, tunnettu 
siita, etta malnitun puuttuvan datayksiHOn (la, 

20 9b) kohta koottavassa datayksikoss^ (6) tulkitaan yirheelliseksi alu- 

eeksl (5a). ' . . ^ ^' ^^'''^v J} 

3. Patenttjvaatimuksen 1 tai 2 mtricainen menetelma, jossa alemmas- 
sa kerroksessa (12) korjataan maarSlyn viiveen puitteissa virheelli- 
sia dataykslkdita (la, 1b) kayttaen kuittauksia ja uudelleenlahetyk- 

25 sia, tunnettu siita, etta alemmassa kerroksessa (12) kootaan 

yiemmalle kerrokselle (14) vaiitettava datayksikko (6) vastaanote- 
tuissa datayksikoissa (la. lb) olevista segmenteista (9a, 9b) sen 
jalkeen. kun kaikki datayksikot (1a, lb) on vastaanotettu virheetto- 
mina, tai kun maaratyn viiveen puitteissa ei ehdita enaa uudelleen- 

30 lahetyksen avulla korjata virheellisia tai puuttuvia datayksikijita (1a. 

1b). 

4. Jonkin patenttivaatimuksen IrrS rnufcainen rnenetelma, j 
yiemmassa kerroksessa (14) sejvitetaan vastaanotetussa 
datayksikossa olevan segmentin (9a, 9b) kokb, tunnettu siita, etta 

35 mainittu, yiemmalle kerrokselle (14) vaiitettava virhetieto kasittaa^ • ; ^ ^ 
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niiden vastaanotetuissa datayksi.kdissa^O lb) olevien segmentttr/ 
en (9a, 9b) janestysnumeroo. ,Jpfesa^^^>^ sijaitsee, jolloiR^^^^^^^^^ - r^ 

yiemmassa kerroksessa (14) laisk^an virhetiedon ja mainitun 
segmentin (9a, 9b) koon perusteella alueet (5b), jolden sisalla vir- 
5 heet (5a) sijaitsevat. 

5. Jonkin patenttivaatimuksen 1-3 mukainen menetelma. jossa 
ylemmtssa kerroksessa (14) setvitetaan yhden tai useamman vir- 
heen kasittavien, vastaanotetuissa dataykslkOissS olevien segment- 
tien (9a, 9b) aiku- (8a) ja loppukohta (8b). tunnettu siita, etta 

10 mainittu. ylemmaHe kerrokseJIe (14) valttettava virhetieto kasittaa 
niiden vastaanotetuissa datayksikSissa (la, lb) olevien segmentti- 
en (9a, 9b) jariestysnumeron. joissa virhe (5a) siialtsee, jolloin 
yiemmassa kerroksessa (14) lasketaan virhetiedon ja mainitun 
segmentin (9a, 9b) aIku- (8a) ja ipppMHohdan (8b) perusteella alu- 

15 eet (5b). joiden sisalla;yiT^e^(p^i^|a|^f^ 

6. Patenttivaatimuksen 4 tai 5 muk^^w^ ineftetel^ 
segmentti (9a, 9b) kasittaa lisaksi ainakin yiemman protokolla- 
kerroksen kontrolli-informaatlota (4) tai otsikon (3), tunnettu siita, 
etta koottu datayksikkO (6) hylataan, kun viriie (5a) sijaitsee ainakin 

20 osittain kootun datayksikon (6) sellaisessa osassa, jossa on yiem- 

man protokollakerroksen kontrolli-informaatiota (4) tai otsikko (3). 

7. Jonkin patenttivaatimuksen 1-3 mukainen menetelma, jossa 
alemmassa kerroksessa (12) selvitetaan virtieen aiku- (7a) ja lop- 
pukohta (7b), tunnettu siita. etta mainittu. ylemmSlle kerrbkselle 

25 (14) vaiitettava virhetieto kasittaa kootun datayksikon (6) virheen 

(5a) aIku- (7a) ja loppukohdan (7b). 

8- Patenttivaatimuksen 7 JJJWk^fel^n,:.^ jolloin mainittu 

segmentti (9a, 9b) MsHta^ li^Ssr^if^ protokollaker- 
roksen kontroili-inforrnaatiota (4)^tal9^ tunnettu siita, etta 
30 koottu datayksikko (6) hylataan, kun virhe (5a) sijaitsee ainakin 
osittain ainakin osittain kootun datayksikon (6). sellaisessa osassa, 
jossa on yiemman protokollakerroksen kontrolli-informaatiota (4) tai 
otsikko (3). 
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9. Jonkin patenttivaatimuksen 1-8 mukainen menetelma. tunnettu 
siita, etla mainittu alempi kerros on RLC-kerros ja mainittu ylempi 
kerros on PDCP-kerros. 

10. Jonkin patenttivaatimuksen 1-9 mukainen menetelma. tunnettu 
5 siita, etta mainittu vastaanotQttu datayksikHo on RLC ppUrykslkKS 

ja mainittu koottu datayksiW^^&rt^^^^^ 

1 1 . TIetoliikenneverkon protokollav^lnieist: tledonsiirtoa varten, jotka 
kerrosrakentelset protokollavalineet kasittavat ainakin yiemman ker- 
roksen ja alemman ken-oksen. jolloin alemman keiroksen (12) teh- 

10 tavan& on ainakin koota yiemmalle kerrokselle (14) valitettava 

datayksikko (6) yhdesta tai useammasta vastaanotetulssa 
datayksikoissa (la, lb) olevista segmenteista (9a, 9b) ja havaita 
vastaanotetulssa segmenteissa (la, 1b) esiintyva yksi tai useampi 
virhe (5a), tunnettu siita, etta tiedonsiln'on tehostamlseksi maini- 

15 tun alemman kerroksen (12) teht^vana on myos mainltun, yiemmal- 

le kerrokselle valltetlavan dalayksikon (6) kokoamlnen yhdesta tai 
useammasta segmentlsta (9a, 9b), joka kasittaa yhden tai useam- 
man virheen (5a), Ja myos tietojen vaiittaminen ylernmalle kerroksel- 
le (14) koskien malnittujen, yhdqn ^i. virheen; (5a) si- 

20 jaintla. ■■■ ^x.-j^/'^M-M^i/yiX/':.-. r ■■■■ 

12. Tietoliikenneyerkossa toiitiivak^l jaqestetty langaton viestln. joka 
kasittaa kerrosrakentelset protokoilavalineet tiedonslirron suorltta- 
miseksi, jotka protokollavalineet kasittavat ainakin yiemman kerrok- 
sen ja alemman kerroksen, jolloin alemman kenoksen tehtavana on 

25 ainakin koota yiemmalle kerrokselle (14) valitettava datayksikko (6) 

yhdesta tai useammasta vastaanotetuissa datayksikOissa (la, lb) 
olevista segmenteista (9a, 9b), ja havaita vastaanotetuissa seg- 
menteissa (la, lb) esiintyva yksi tai useampi virhe (5a), tunnettu 
siita, etta tiedonslirron tehostamiseksl mainltun alemman kerroksen 

30 (12) tehtavana on myos mainltun, yiemmalle kerrokselle vailtettavan 

datayksikon (6) kokoaminen yhdesta tai useammasta segmentista 
(9a, 9b), joka kasittaa yhden tai useamman virheen (5a), ja myos 
tietojen vaiittaminen yiemmalle kerrokselle (14) koskien malnittujen, 
yhden tai useamman virheen (5a) sijaihtia. 
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(57) Tllvistelma: 

Keksinndn kohteena on menetelma tiedonsHiton tehos- 
tamiseksi tietolilkenneverkossja. jbka kasittaa kerrosra- 
kentelset protokollavalineet tiedopKsnftoa vaWea^ jotka 
protokollavalineet kaslttavat ainakin ylemrna^h kerroksen 
ja alemman kerroksen, jolloin alemman kerroksen (12) 
tehtavana on ainakin koota yiemmalle kerrokselle (14) 
valitettava dataykslkko (6) yhdesta tai useammasta 
vastaanotetuissa datayksikoissa (1a. lb) olevista 
segmenteista (9a, 9b), jossa menetelmassa havaitaan 
vastaanotetuissa segmenteissa (la, 1b) esiintyva yksi tai 
useampi vlrhe (5a). KeksinnGssS mainlttu. yiemmalle 
kerrokselle valltettav& datayksikko (6) kootaan yhdesta 
tai useammasta segmentista (9a, 9t)), joka kasitta§ yh- 
den tai useamman virheen (5a), jolloin yiemmalle ker- 
rokselle (14) valitetaan myos tietoja yhden tai useam- 
man virheen (5a) sijainnista. ; -i^V;; 



(Fig. 3b) 
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Method for making data transmission more effective and a data 
transmission protocol 

The present invention relates to a method according to the preamble of 
5 the appended claim 1 for making data transmission more effective in a 
telecommunication network. The invention also relates to protocol 
means of a telecommunication network according to the preamble of 
the appended claim 11. Furthermore, the invention relates to a wireless 
communication device according to the preamble of the appended 
10 claim 12 , arranged to function in a telecommunication network. 

In the GSM network (Global System for Mobile Communications), the 
data transfer rate of 9.6 kbit/s is slow even according to the present 
standards, and in the world of a constantly growing supply of 

15 multimedia, the transfer capacity of present mobile networks is 
becoming insufficient. For a next generation mobile phone, mere 
transmission of speech is not sufficient, but the system must also be 
capable of handling data and and video connections. The UMTS 
(Universal Mobile Telecommunications System) is a global wireless 

20 multimedia system which provides wireless communication e.g. with a 
very fast data transfer and the user with more versatile possibilities in 
the form of new kinds of services. The basic requirements of the UMTS 
network include the capability to provide a better quality of service than 
in present mobile networks, a wider coverage area, a large number of 

25 additional services, as well as a larger capacity both in the transfer rate 
and in the number of subscriber connections than in present systems. 

The UMTS network is a flexible data transmission channel which can 
be used to transmit speech, multimedia or other information brought 
30 into digital format. In its simplest form, the UMTS is a telephone or a 
portable computer which functions nearly all over the world and which 
has a constant fast connection to the Internet network. The UMTS has 
such a high data rate that it is suitable for the transmission of e.g. good 
quality video images. 

35 

The basic network solution of the UMTS system is based on the GSM 
system. The UMTS will function at a frequency of approximately even 
2 gigahertz, i.e. above the present city telephone network 
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(approximately 1800 MHz). The UMTS has the capacity for a transfer 
rate of 2 Mbit/s, which is approximately 200 times higher that the data 
transfer capacity of the GSM. This rate is sufficient for the transmission 
of video images of quite a good quality, and it enables the transmission 
5 of e.g. graphics and multimedia. The top rate is attained by a larger 
bandwidth, effective data compression and WCDMA radio technology 
(Wideband Code Division Multiple Access). When compared with the 
conventional CDMA technology (Code Division Multiple Access), the 
differences include larger transfer capacity, better quality, smaller 
10 power consumption as well as approximately twice as large a frequency 
domain. If the application to be used requires less capacity, less 
capacity is allocated, wherein the rest of the capacity is available for 
others. 

15 An advantage of the UMTS when compared to second generation 
mobile phones, such as GSM subscriber connections, will be the 
potential transfer rate of 2 Mbit/s as well as IP support (Internet 
Protocol). Together these provide a possibility for a supply of 
multimedia services as well as new wideband services, such as video 

20 calls and video conferences. 

GPRS (General Packet Radio Service) is a packet-switched data 
sent/ice related to the technology of the GSM network, which is 
especially well suited for the transmission of IP packets. New data 

25 transmission technology requires changes in the present GSM network. 
Two new nodes are required in the networkto take care of the 
transmission of packets. The purpose of the nodes is to take care of the 
transmission and reception of the packets from a GSM telephone as 
well as of the conversion and transmission of packets to other, for 

30 example IP-based networks. The GPRS determines four different 
channel coding methods by means of which the amount of data to be 
transferred can be controlled in accordance with the reception of the 
network. The transfer capacity of one time slot varies between 
9.05 kbit/s and 21.4 kbit/s, and the maximum transfer rate is 

35 approximately 164 kbIt/s, when all the eight time slots are in use 
simultaneously. The maximum size of the packets to be transmitted is 2 
kb. By means of the GPRS, it is possible to utilize the capacity of the 
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network better, because individual time slots can be divided between 
several connections. 

The UMTS protocol stack contains a few substantial changes when 
5 compared to the GPRS. This is because the UMTS sets considerably 
higher demands for the quality of service (QoS), and a new radio 
interface (WCDMA) is used in the UMTS. One of the most significant 
changes is the fact that the LLC layer (Link Control Layer) has been 
removed from underneath the PDCP layer (Packet Data Convergence 

10 Protocol). In the GPRS, this layer is replaced by an SNDCP layer 
(Subnetwork Dependent Convergence Protocol). In the UMTS, this LLC 
layer is not necessary, because encoding is performed in the RAN 
(Radio Access Network). In the transmission of signalling messages, 
user level protocols are not used. Furthermore, the interleaving related 

15 to the quality of service is the responsibility of a MAC layer (Medium 
Access Control) and an LI layer (Layer 1 = Physical Layer). 

The protocol architecture of the UMTS radio interface is illustrated in 
Fig. 1. The architecture is implemented in a wireless communication 

20 device, such as a mobile phone, operating in a network and comprising 
the necessary protocol means to enable data transfer. The blocks in 
the drawing correspond to the manifestation of each protocol. The 
service access points 20 (SAP) in point-to-point connections are shown 
as ovals located between different sublayers in the figure. The UMTS 

25 radio interface is divided into three different protocol layers L1 (Layer 1 
= Physical Layer) 10, L2 (Layer 2 = Data Link Layer ) and L3 (Layer 3 = 
Network Layer). The layer L2 is divided into sublayers MAC (Media 
Access Control) 11, RLC (Radio Link Control) 12, PDCP (Packet Data 
Convergence Protocol) 14 and BMC (Broadcast/Multicast Control) 13. 

30 The layer L3 is divided into a control level 1 7 and a user level 1 6. The 
sublayers PDCP 14 and BMC 13 are only present on the user level 16. 
L3 is also divided into sublayers, the lowermost of which is RRC (Radio 
Resource Control) 15, and it is followed by other sublayers of L3, e.g. 
CC (Call Control) and MM (Mobile Management), which are not shown 

35 in Fig. 1 . 

The purpose of the RLC protocol is to set up, maintain and set down 
the RLC connection. Since the upper PDCP sublayer 14 may provide 
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longer RLC SDUs (Service Data Units) 6 (Fig. 3b) than can fit in one 
RLC PDU (Protocol Data Unit) 1a or 1b (Fig 3a), the RLC SDUs 6 i.e. 
PDCP PDUs are dividecl into sections of suitable size, i.e. into PUs 
(Payload Unit), i.e. segments, one of which fits in each RLC PDU la or 
5 1b. It is also possible that several PUs fit in one RLC PDU la or lb, if 
compression of the header is used. Correspondingly, in the reception or 
at the other end of the connection, these are again combined to form 
one RLC SDU 6. By compressing the header, several PUs can be fitted 
in one RLC PDU 1a, lb. By linking, it is possible compose different 

10 RLC SDUs 6 in such a way that if the last PU of the first RLC SDU 6 
does not fill the entire RLC PDU, la or lb, the first PU of the next RLC 
SDU can fill the rest of this RLC PDU 1a or lb. If linking is not utilized, 
and the last PU does not fill the entire RLC PDU la, lb, the rest of it 
can be filled with padding bits. The PDU and the SDU comprise a 

15 predetermined amount of information in a predetermined form, encoded 
into bit format. 

The user data can be transferred from one point to another using 
acknowledged, unacknowledged or transparent data transmission, 

20 wherein the RLC SDUs are transferred without adding RLC protocol 
information. Data transmission can be controlled using quality of 
service settings. If errors occur in the data transmission when 
acknowledgements are used, the errors can be corrected by 
retransmitting the RLC PDU. The RLC SDUs can be delivered in a 

25 reliable manner in the correct order to the receiver, when 
acknowledgements and sequence numbers are used. If this function is 
not utilized, the receiver may receive the RLC SDUs in a wrong order. It 
is possible that the receiver receives the same RLC PDU twice, 
wherein this RLC PDU is transmitted to the upper PDCP sublayer only 

30 once. The receiver can also adjust the transmission rate of the sender if 
it is not suitable. When the RLC PDU is received, its accuracy is 
checked on the basis of a checksum related to the same. If any part of 
the RLC PDU is defective, the entire RLC SDU related to the same is 
retransmitted if retransmission is available, and the set maximum 

35 number of retransmissions has not been reached. Otherwise this RLC 
SDU is discarded. Because errors may also occur in the function of this 
protocol, the aim is to find and correct these errors. 
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The RLC protocol provides services for the upper PDCP sublayer which 
include 

• establishment and release of the RLC connection, by means of 
5 which it is possible to set up and set down RLC connections, 

• transparent data transfer by means of which it is possible to transfer 
RLC SDUs without adding any RLC protocol information, but in such 
a way, however, that the segmentation and assembly of RLC SDU is 
possible, 

10 • unacknowledged data transfer, by means of which it is possible to 
transfer information to the receiver without guaranteeing its arrival in 
such a way that all correct RLC SDUs are transmitted to the upper 
PDCP sublayer immediately only once, 

• acknowledged data transfer, by means of which it is possible to 
15 transfer information to the receiver in a secure manner by means of 

retransmissions in such a way that all correct RLC SDUs that have 
arrived are transmitted to the upper PDCP sublayer immediately only 
once in the correct order or in the order of arrival, 

• quality of service settings, by means of which it is possible to 
20 determine the quality of service which can be utilized to provide a 

guaranteed data transmission for the receiver in such a way that by 
means of retransmissions, all RLC SDUs can be transmitted to the 
PDCP sublayer in the transmission order correctly only once, or in 
the order of arrival correctly only once, 
25 • notification of unrecoverable errors, by means of which it is possible 
to notify the PDCP sublayer that the RLC SDU cannot be transmitted 
since the RLC sublayer has not been able to correct the incorrect 
RLC PDUs within the scope of the given retransmissions and the set 
delay. 

30 

The main purpose of the PDCP protocol is to compress the control 
information related to the upper protocol layers. Another purpose of the 
PDCP protocol is to map the PDU of the upper layer protocol as an 
integer, i.e. RLC SDU, which can be understood by the RLC sublayer, 
35 to compress the redundant control information at the transmitting entity 
and to decompress it at the receiving entity. 
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Generally, sliding windows are used for flow control and recovery of 
error situations. In this mechanism, each sender uses a so-called 
transmit window with a predetermined size. Similarly, each receiver 
uses a so-called receive window with a predetermined size. Correctly 
5 received data blocks are acknowledged to the sender, and the window 
is thereby transferred forward which enables the transmission of new 
data blocks. In addition to this, the receiver can transmit requests for 
retransmission of incorrect data blocks and after they are 
acknowledged, the window is also "transferred". In some situations, the 
10 window "stalls" wherein the transmission of new data blocks is 
interrupted. 

With reference to Fig. 2, the aforementioned transmit window behaves 
in the following way. Each packet on the left-hand side of the window 

15 has been transmitted, and an acknowledgement for the same has 
arrived. Inside the window, on the far left side, there is the first 
transmitted unacknowledged packet. Outside the window on the right- 
hand side there are such packets which have not been transmitted yet. 
Furthermore, inside the window there is a cursor which indicates the 

20 limit for packets which have been transmitted and which have not been 
transmitted. The cursor usually slides very fast to the far right side. 

One of the most important objectives of the RLC sublayer is to provide 
a reliable data transfer connection, because in general, the services of 

25 the underlaying layer are not reliable, i.e. messages can be lost, or they 
can be corrupted. The retransmission of incorrectly received RLC PDUs 
is taken care of by the RLC layer of the data transfer protocol. The 
mechanism of the retransmission is based on the aforementioned 
transmit and receive windows. The size of this window is always a 

30 compromise between the used data transfer protocol and the 
requirements of the storage capacity available. Too small a transmit 
window causes stalling of the window, and interrupts the data transfer 
often, which considerably reduces the amount of data transferred. 

35 In the case of UMTS, the mechanism of the retransmission is based on 
an automatic repeat request (ARQ), which basically functions in the 
following way. If the size of the receive window is one, the receiver 
does not accept the arriving RLC PDUs if they do not arrive in order. 
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Thus, if one RLC PDU is lost in the process, the receiver will discard all 
RLC PDUs transmitted later, before the transmit window has become 
full. For the receiver this method is simple, because no buffer space is 
required. The sender is also aware of the fact that if an 
5 acknowledgement for the RLC PDUs on the lower limit of the window 
does not arrive, all the RLC PDUs transmitted thereafter must be 
retransmitted. Thus, only one timer is sufficient for the sender, which 
timer is always turned on when the lowest limit of the window is 
transferred. When the timer is set off, a whole window of RLC PDUs will 
10 be retransmitted. 

On the other hand, if the size of the receive window is larger than one, 
the loss of one frame does not necessarily require retransmission of the 
following frames. If they are accurate when they are received by the 
1 5 receiver, the receiver has buffered those frames which fit in the receive 
window, A frame which is lost or contains errors when it arrives, 
remains on the lowest limit of the receive window, and the receive 
window will not be transferred until the missing frame is received. 

20 Fig. 2 illustrates the above-described retransmission mechanism using 
an example in which the size of the transmit and receive window is 4. 
The example is examined in chronological order, first from the point of 
view of the sender and then from the point of view of the receiver. In the 
example, the RLC PDUs 1a and lb to be transmitted are indicated with 

25 reference DATA (x), in which x is the sequence number of the RLC 
PDU. Correspondingly, the acknowledgements are indicated with 
reference ACK (x) in which x is the sequence number of the RLC PDU 
to be acknowledged. 

30 The sender transmits DATA (0), wherein the transmit window is 
[0,1,2,3]. Next, the sender transmits DATA (1) in a corresponding 
manner. Now, the sender receives an acknowledgement ACK (0), 
wherein the transmit window is now [1, 2, 3, 4]. The sender transmits 
DATA (2). Now, the sender receives an acknowledgement ACK (1), 

35 wherein the transmit window is now [2, 3, 4, 5]. The sender is not aware 
of the fact that DATA (2) never reaches its destination, and thus the 
process continues with the transmission of DATA (3) and DATA (4). 
The transmit window is still [2, 3, 4, 5], because DATA (2) has not 




arrived. Now the timer of DATA (2) is set off, wherein the transmission 
is started from the beginning of the transmit window, i.e. by the 
transmission of DATA (2). Thereafter, the sender waits until an 
acl<nowledgement is received, or until the next timer is set off. In this 
5 situation, it is not advantageous for the sender to retransmit the next 
packets. Usually, it is reasonable to wait to see whether a notification 
arrives in the next acknowledgement which indicates that the entire 
window or at least a part of it has been received correctly. In this case, 
the acknowledgement ACK (4) has time to arrive before the timer of 
10 DATA (3) is set off, and thus the transmit window is [5, 6, 7, 8]. Now the 
sender can transmit DATA (5). Thereafter the process continues in the 
above-described manner. 

When the receiver receives DATA (0), the receive window is [1 , 2, 3, 4]. 

15 Thereafter, the receiver transmits an acknowledgement ACK (0). Now, 
the receiver receives DATA (1), and thus the receive window is 
[2, 3, 4, 5]. An acknowledgement ACK (1) is transmitted to the sender. 
Thereafter the receiver receives DATA (3) instead of the expected 
DATA (2), and therefore the receive window is not transferred, and 

20 DATA (3) is buffered. The receiver is still waiting for DATA (2), but 
receives DATA (4) instead, and therefore the receive window is not 
transferred, and DATA (4) is buffered. Next, the receiver receives the 
expected DATA (2) and the buffer contains DATA (3) and DATA (4), 
and thus the receive window is now [5, 6, 7, 8]. Since packets have 

25 now been received as far as DATA (4), it is possible to transmit an 
acknowledgement ACK (4) to the sender. Thereafter, the receiver 
receives DATA (5), and thus the receive window is now [6, 7, 8, 9]. 
Thereafter the process continues in the above-described manner. 

30 Each RLC PDU contains a checksum by means of which it is possible 
to check that the RLC PDU does not contain any errors. More precisely, 
in the UMTS, the checksum is added and checked in the LI layer, but 
in view of the logical operation, this resembles a feature of the RLC 
protocol. This, however, results in that the data block protected by the 

35 checksum also contains the header information of the RLC, and 
possibly also the header information of MAC protocol. Normally, when 
acknowledgements are used, incorrect RLC PDUs are transmitted 
again and again until they arrive accurately, or until the set maximum 
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number of retransmissions is full. When all RLC PDUs of RLC SDU 
have been transmitted accurately to the receiver, the RLC SDUs can be 
composed and transmitted to an upper PDCP sublayer. If 
acknowledgements are not used, the accuracy of all RLC PDUs of RLC 
5 SDU is checked. If an RLC PDU is incorrect, the entire RLC SDU is 
discarded. 

Because of the wireless environment, the UMTS has a limited 
bandwidth and a larger error probability and longer delays when 
10 compared to a fixed network. Real-time applications, in turn, require as 
small delays as possible. When packets containing one single error are 
discarded and retransmitted, it is probable that there will be situations in 
which there is no time to transmit the packet accurately before it is too 
late. 

15 

It is a purpose of the present invention to produce a data transmission 
connection with small delays between two points, which is suitable for 
real-time applications and which allows the transmission of slightly 
corrupted data to the application. Furthermore, it is an aim of the 
20 invention to improve the quality of real-time data transmission. 

According to the invention, these objectives can be attained in such a 
manner that all erroneous RLC SDUs are not automatically discarded. 
The RLC PDUs are always transmitted as RLC SDU to the PDCP 

25 sublayer, but if errors are detected in RLC PDUs, information on the 
location of the erroneous point in the RLC SDU is transmitted to the 
PDCP sublayer in addition to the composed RLC SDU. On the basis of 
this information, the PDCP sublayer can also discard the RLC SDU if 
necessary, if the error is located for example by the control information 

30 of the upper protocol layers. 

More precisely, the method according to the invention Is characterized 
in what will be presented in the characterizing part of claim 1. The 
protocol means according to the invention are characterized in what will 
35 be presented in the characterizing part of claim 11. The wireless 
communication device according to the invention is characterized in 
what will be presented in the characterizing part of the appended claim 
12. 
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With the present invention, considerable advantages are attained when 
compared to solutions according to prior art. When the RLC sublayer is 
capable of accepting RLC PDUs containing erroneous payload and 
5 composing them into RLC SDU, the number of discarded RLC PDUs is 
considerably reduced. Thus, the probability of a situation that an RLC 
SDU is not transmitted in time to the upper sublayer is considerably 
reduced. Furthermore, the payload can be successfully transferred in 
real time also via poor connections. Here, It should be noted that in 

10 connection with real-time services, unacknowledged data transmission 
is usually used. Thus, the RLC SDUs become easily discarded 
because the RLC PDUs can be easily corrupted and their 
retransmission is not even attempted. Thus, the present invention 
provides a possibility not to discard the SDU, but to make an attempt to 

15 utilize erroneous payload data instead. 

In the following, the invention will be described in more detail with 
reference to the appended drawings, in which 

20 Fig. 1 shows the lowest layers in the UMTS protocol stack, 

Fig. 2 shows an example of a retransmission method utilizing 
automatic repeat request, 

25 Fig. 3a illustrates a situation in which one RLC SDU is divided into 
two segments, and one segment contains an erroneous 
point, 

Fig. 3b illustrates the RLC SDU of Fig. 3a, which is transmitted to a 
30 PDCP sublayer, and a manner according to a preferred 

embodiment of the invention for presenting the erroneous 
point on this PDCP sublayer, and 

Fig. 3c illustrates the RLC SDU of Fig. 3a which is transmitted to 
35 the PDCP sublayer, and another manner according to a 

preferred embodiment of the invention for presenting the 
erroneous point in this PDCP sublayer. 




Real-time data transmission sets great demands on the delay, and thus 
it is not always possible to retransmit all erroneous packets (RLC PDU) 
within the scope of the allowed delay in such a manner that a 
completely error-free RLC SDU could be composed. Therefore, in most 
5 cases it is more advantageous that in real-time data transmission also 
the erroneous RLC SDUs are transmitted to the upper sublayer with the 
error information. According to prior art, the PDCP sublayer is not 
capable of determining where the error is located. In other words, it is 
possible that the error is located at the header information of the PDCP 

10 or upper protocol layers, such as TCP/IP, which header information can 
also be compressed. This error in the header can cause serious 
problems in the upper sublayers. Therefore, it is extremely important 
that the header information is completely accurate. Most real-time 
applications function reasonably well in a situation in which the payload 

15 is slightly erroneous when compared to a situation where an entire 
packet is missing therebetween. Therefore, it is extremely useful to 
know where the possible errors are located in the received RLC SDU. 

For example, when a video image is desired to be transmitted in real 

20 time via a data transmission connection, a slightly erroneous payload 
does not affect the quality of the video image to be transmitted to a 
large degree. It is likely that an error cannot even be detected in the 
video image by the viewer. On the other hand, if a packet cannot be 
transmitted to the application because it has not been accurately 

25 transmitted sufficiently early, great distortions may occur in the video 
image as well as an interruption in its transmission. This may disturb 
the user considerably more than almost invisible changes in the video 
image. Similarly, when sound is reproduced, it is unlikely that small 
errors can be heard, but if a frame is missing, a break may occur in the 

30 reproduction of sound, or the sound is distorted considerably more than 
in a situation where the payload contains a single error. Furthermore, 
many real-time applications are capable of correcting errors to some 
extent, in such a way that the error can be even imperceptible to the 
user. Naturally, if the data transmission connection is very poor, 

35 erroneous RLC SDUs have to be discarded often. Thus, the image or 
sound that is reproduced is inevitably of poorer quality than in a 
situation where a good data transmission connection is available. 



With reference to Figs. 3a to 3c, tfie accuracy of the data is checl<ed for 
each RLC PDU, and thus an erroneous area 5a can be detected with 
the accuracy of one segment 9a, 9b (RLC PDU 1a, lb without the RLC 
header 2). It is also possible to utilize a method by means of which the 
5 erroneous area 5a can be detected accurately, i.e. it is possible to 
determine the point where the error begins 7a and where it ends 7b. 
The error can also be the missing RLC PDU, wherein in the RLC SDU 
6 to be coded, the entire point of the segment containing the missing 
RLC PDU constitutes the erroneous area 5a. If there is an error in the 
10 RLC header of a RLC PDU, this RLC PDU has to be discarded. Thus, 
in the RLC SDU this segment contained in the RLC PDU has to be 
marked as an erroneous area, if this RLC PDU cannot be 
retransmitted. 

The first case is shown In Figs. 3a and 3b. When in this case all 
erroneous RLC PDUs 1 a, 1 b have not yet been retransmitted in such a 
way that all RLC PDUs la, lb belonging to the RLC SDU would have 
been received completely accurately, a RLC SDU 6 containing at least 
one erroneous point has to be transmitted to the upper PDCP sublayer 
14. In addition, information on the error or errors 5a is transmitted to the 
upper PDCP sublayer. There are two alternatives for this. The first 
alternative is that the number of that segment 9a, 9b in which this error 
5a is located is transmitted to the upper sublayer. In this case the 
PDCP sublayer has to be aware of the exact size of the segment 9a, 
9b. Alternatively, the RLC sublayer can transmit the starting point 8a 
and the end 8b of the erroneous segment to the PDCP sublayer. On 
the basis of the transmitted error information, the PDCP sublayer 
knows that the error is located inside a particular segment, i.e. the 
entire area 5b between the starting point 8a and the end 8b of the 
segment is presented to be erroneous in the PDCP sublayer. This 
results in that if the error 5a occurs in the segment 9a, 9b containing 
control information of the PDCP header and/or upper protocol layers 4, 
the entire RLC SDU 6 has to be discarded. 

35 Another case is shown in Figs. 3a and 3c. In this case it is possible to 
transmit information to the upper sublayer to indicate the exact location 
of the error 5a in the RLC SDU. Now, the location of those bits in the 
RLC SDU from which the error 5a starts 7a and where the error 5a 
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ends 7b is transmitted to the PDCP sublayer. In this case the PDCP 
sublayer knows, on the basis of the transmitted error information, the 
exact location 5b of the error, i.e. the location of the error 5a as well as 
the location 5b of the error seen by the PDCP sublayer are the same. 
5 Thus, it is not necessary for the PDCP sublayer to know anything about 
the segmentation of the RLC sublayer. To implement this mechanism, 
the RLC sublayer has to be capable of efficiently calculating a 
checksum, on the basis of which it is possible to find the erroneous 
areas 5a accurately. Naturally, it is possible that the RLC sublayer is 

10 capable of detecting the errors 5a with the accuracy of predetermined 
areas, the length of which can be e.g. 1/8 of the length of the RLC 
SDU. Now, it Is possible that the error 5a is in the segment 9a, 9b 
containing control information 4 of the PDCP header and/or upper 
protocol layers, but the RLC SDU 6 does not necessarily have to be 

15 discarded as long as the area 5b which is marked erroneous is not 
located by the PDCP header 4. 

With reference to Fig, 1 , the RLC SDU 6 (Figs. 3a to 3c) received and 
composed from the RLC sublayer 12, is transmitted via the RLC PDCP 

20 interface to the PDCP sublayer 14 by a primitive RLC-AM-DATA-Ind, 
RLC-UM-DATA-Ind or RLC-TR-DATA-lnd. The same primitive can also 
be used for transmission of error information from the RLC sublayer 12 
to the PDCP sublayer 14. The following table presents the primitives 
between the RLC sublayer 12 and the PDCP sublayer 14. The error 

25 information to be transmitted to the PDCP sublayer 14 can be ESI 
(Error Segment Indication) mentioned in the table. ESI can be for 
example the sequence number of the segment 9a, 9b containing the 
error, or the number of the bits in the beginning of the RLC SDU 6 from 
which the erroneous area 5b begins, and the length of this area in bits. 

30 

In the following, the function of different primitives is also described: 

• RLC-AM-DATA-Req: by means of this primitive the PDCP sublayer 
14 requests for acknowledged data transmission from the RLC 

35 sublayer 12, 

• RLC-AM-DATA-Ind: by means of this primitive the RLC sublayer 12 
transmits error information (ESI) and RLC SDUs 6 of the PDCP 
sublayer 14 which are transferred using acknowledgements. 




• RLC-AM-DATA-Conf : by means of this primitive the RLC sublayer 1 2 
confirms the transmission of RLC SDU 6 to PDCP sublayer 14, 

• RLC-UM-DATA-Req: by means of this primitive the PDCP sublayer 
14 requests unacknowledged data transmission from RLC sublayer 

5 12 

• RLC-UM-DATA-Ind: by means of this primitive the RLC sublayer 12 
transmits error information (ESI) and RLC SDUs 6 of the PDCP 
sublayer 14, which are transmitted without acknowledgements, 

• RLC-TR-DATA-Req: by means of this primitive the PDCP sublayer 
10 14 requests the RLC sublayer 1 2 for transparent data transmission, 

• RLC-TR-DATA-Ind: by means of this primitive the RLC sublayer 12 
transmits error information (ESI) and RLC SDUs 6 of the PDCP 
sublayer 14, which are transferred using transparent data 
transmission. 

15 



General name 


Parameter 


Req. 


Ind. 


Resp. 


Conf. 


RLC-AM-DATA 


Data, CFN, 
MUl 


Data, ESI 


Undefined 


MUi 


RLC-UM-DATA 


Data, 


Data, ESI 


Undefined 


Undefined 


RLC-TR-DATA 


Data 


Data, ESI 


Undefined 


Undefined 



Because the PDCP sublayer 14 contains the error information provided 
by the RLC sublayer 12, the PDCP sublayer 14 can decide what is to 
be done for the erroneous PDCP SDUs 6. The decision is made on the 

20 basis of the point where the error occurs in the SDU. For example, if 
the error occurs in the initial part of the PDCP SDU, i.e. in the control 
information 4 of upper protocol layers, it is likely that the header cannot 
be decompressed, and thus it is not advantageous to transmit the 
PDCP SDU to an upper layer. Thus, it is advantageous to discard this 

25 PDCP SDU. For example, if the error occurs in the payload, the PDCP 
SDU can be transmitted to the upper layer. 

The present invention is not restricted solely to the embodiments 
presented above, but it can be modified within the scope of the 
30 appended claims. 




Claims : 

1. A method for making data transmission in a telecommunication 
network more effective, which comprises layer structure protocol means 
5 for data transmission, which protocol means comprise at least an upper 
layer and a lower layer, wherein the purpose of the lower layer (12) is at 
least to compose a data unit (6) to be transmitted to the upper layer 
(14) from one or more segments (9a, 9b), in which method one or more 
errors (5a) occurring in the received segments (la, 1b) is detected, 
10 characterized in that said data unit (6) to be transmitted to the upper 
layer is composed from one or more segments (9a, 9b) which contain 
one or more errors (5a), wherein information on the location of one or 
more errors (5a) is also transmitted to the upper layer (14). 

15 2. The method according to claim 1, in which it is also detected that an 
entire data unit (la, lb) to be received is missing, characterized in that 
the location of the segment (9a, 9b) of said missing data unit (la, lb) in 
the data unit (6) to be composed is interpreted as an erroneous area 
(5a). 

20 

3. The method according to claim 1 or 2, in which the erroneous data 
units (la, lb) are corrected in the lower layer (12) within a determined 
delay using acknowledgements and retransmissions, characterized in 
that in the lower layer (12) the data unit (6) to be transmitted to the 

25 upper layer (14) is composed from segments (9a, 9b) located in the 
received data units (la, lb) after all data units (la, lb) are received 
accurately, or when within a given delay there is not enough time to 
correct the erroneous or missing data units (la, lb) by means of 
retransmission. 

30 

4. The method according to any of the claims 1 to 3, In which the size of 
the segment (9a, 9b) located in the received data unit is determined in 
the upper layer (14), characterized in that said error information to be 
transmitted to the upper layer (14) comprises the sequence number of 

35 the segments (9a, 9b) located in the received data unit (la, lb) and 
containing the error (5a), wherein in the upper layer (14) the areas (5b) 
containing the errors (5a) are calculated on the basis of the error 
information and the size of said segment (9a, 9b). 




5. The method according to any of the claims 1 to 3, in which the 
starting point (8a) and the end (8b) of the segments (9a, 9b) located in 
the received data units and containing one or more errors are 

5 determined in the upper layer (14), characterized in that said error 
information to be transmitted to the upper layer (14) contains the 
sequence number of those segments (9a, 9b) located in the received 
data units (1a, lb) in which the error (5a) is located, wherein the areas 
(5b) within which the errors (5a) are located are calculated in the upper 
10 layer (14) on the basis of error information and the starting point (8a) 
and the end (8b) of said segment (9a, 9b). 

6. The method according to claim 4 or 5, wherein said segment (9a, 9b) 
also contains at least control information (4) of the upper protocol layer 

15 or a header (3), characterized in that the composed data unit (6) is 
discarded when the error (5a) is located at least partly in such a section 
of the composed data unit (6) which contains control information (4) of 
the upper protocol layer or a header (3). 

20 7. The method according to any of the claims 1 to 3 in which the 
starting point (7a) and the end (7b) of the error are determined in the 
lower layer (12), characterized in that said error information to be 
transmitted to the upper layer (14) comprises the starting point (7a) and 
the end (7b) of the error (5a) of the composed data unit (6). 

25 

8. The method according to claim 7, wherein the segment (9a, 9b) also 
comprises at least control information (4) of an upper protocol layer or a 
header (3), characterized in that the composed data unit (6) is 
discarded when the error (5a) is located at least partly in such a section 

30 of at least partly composed data unit (6) which contains control 
information (4) of an upper protocol layer or a header (3). 

9. The method according to any of the claims 1 to 8, characterized in 
that said lower layer is an RLC layer and said upper layer is a PDCP 

35 layer. 




10. The method according to any of the claims 1 to 9, characterized in 
that said received data unit is an RLC PDU unit and said composed 
data unit is an RLC SDU unit. 

5 11. Protocol means of a telecommunication network for data 
transmission, which layer structure protocol means comprise at least an 
upper layer and a lower layer, wherein the purpose of the lower layer 
(12) is to compose a data unit (6) to be transmitted to an upper layer 
(14) from one or more segments (9a, 9b) contained in the received data 

10 units (la, lb) and to detect one or more errors (5a) occurring in the 
received segments (la, lb), characterized in that to make data 
transmission more effective, the purpose of said lower layer (12) is also 
to compose the data unit (6) to be transmitted to the upper layer from 
one or more segments (9a, 9b) containing one or more errors (5a), and 

1 5 also to transmit information concerning the location of said one or more 
errors (5a) to the upper layer (14). 

12. A wireless terminal arranged to function in a telecommunication 
network and comprising layer structured protocol means for data 

20 transmission, which protocol means comprise at least an upper layer 
and a lower layer, wherein the purpose of the lower layer (12) is to 
compose a data unit (6) to be transmitted to an upper layer (14) from 
one or more segments (9a, 9b) contained in the received data units (la, 
lb) and to detect one or more errors (5a) occurring in the received 

25 segments (la, lb), characterized in that to make data transmission 
more effective, the purpose of said lower layer (12) is also to compose 
the data unit (6) to be transmitted to the upper layer from one or more 
segments (9a, 9b) containing one or more errors (5a), and also to 
transmit information concerning the location of said one or more errors 

30 (5a) to the upper layer (1 4). 




Abstract : 

The invention relates to a method for making data 
transmission more effective In a telecommunication 
network, which comprises layer structured protocol 
means for data transmission which protocol means 
comprise at least an upper layer and a lower layer, 
wherein the purpose of the lower layer (12) is at least to 
compose a data unit (6) to be transmitted to the upper 
layer (14) from one or more segments (9a, 9b), in which 
method one or more errors (5a) occurring in the received 
segments (1a, lb) are detected. In the invention, said 
data unit (6) to be transmitted to the upper layer Is 
composed from one or more segments (9a, 9b) 
containing one or more errors (5a), wherein information 
on the location of one or more errors (5a) Is also 
transmitted to the upper layer (14). 
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